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Description

AREA OF THE INVENTION

[0001] The invention relates to hearing aids and other
audio equipment wherein feed back may occur when a
captured audio signal is repeated by a loudspeaker (in
hearing aids named the receiver) is recaptured by the
microphone and further amplified.

BACKGROUND OF THE INVENTION

[0002] In hearing aids and other audio equipment it is
often necessary to use anti feed back system in order to
avoid the feed back problem. The anti feedback system
may however be disturbed when changes occur in the
signal path such as changes in directionality or changes
in the choice of program effected either manually or au-
tomatically. The invention tries to avoid the problems
which relate to correlation between anti feed back sys-
tems and fast changes in the signal processing in the
signal path.
[0003] EP 1191814 A1 deals with an adaptive filter for
suppression of acoustic feedback in a hearing aid. The
hearing aid further comprises a controller that is adapted
to compensate for acoustic feedback by determination
of a first parameter of an acoustic feedback loop of the
hearing aid and adjustment of a second parameter of the
hearing aid in response to the first parameter whereby
generation of undesired sounds is substantially avoided.
[0004] WO 01/06746 A2 deals with a method for can-
celling feedback in an acoustic system, the method com-
prising providing an LMS algorithm for processing the
signal, where the LMS algorithm operates with a prede-
termined adaptation speed when feedback is not present
and where the LMS algorithm operates with an adapta-
tion speed faster than the predetermined adaptation
speed, when feedback is present, and where the means
for detecting the presence of feedback is used to control
the adaptation speed selection of the LMS algorithm.

SUMMARY OF THE INVENTION

[0005] The invention solves the problem that the hear-
ing aid may start to howl when the directional processing
changes mode or when other changes in the signal
processing mode are provoked manually or by shifts in
the environment.
[0006] According to the invention a hearing aid accord-
ing to the subject-matter of claim 1 is provided.
[0007] The alert signal is used by the anti feed back
system to change its mode, possibly such that a faster
adaptation will take place.

BRIEF DESCRIPTION OF THE DRAWINGS

[0008]

Figure 1. show a schematic representation of the
hearing aid,
Figure 2. shows a diagram of the directional block,
Figure 3. is a diagram showing the function of the
anti feedback block.

DESCRIPTION OF A PREFERRED EMBODIMENT

[0009] The hearing aid 1 according to the presented
embodiment comprises a block for directional processing
2, a block for frequency shaping 3 and a block for anti
feedback processing 4 configured according to Figure 1.
The directional processing 2 can automatically switch be-
tween a directional mode, where signals with other inci-
dents than frontal are attenuated, and an omni mode.
The anti feedback system cancel the part of the input
signal that is feedback and is used to allow for more gain
without howl. As seen in fig. 2, the directionality block 2
generates two signals; a signal with directional sensitivity
11 and an omni signal 12. The output 13 of the block 2
will either be the one of these signals or a combination
of the two. This is implemented with a fader 14 at the
output of the block 2. The fader 14 applies gain to the
two signals 11,12 before adding them. The gain applied
to the omni-signal is called αomni and have values in the
range [0 1]. The gain applied to the signal with directional
sensitivity 11 is (1- αomni). αomni is controlled by a con-
troller 15 programmed to use the levels of the signals
and estimation of signal to noise ratio in the input signal
as well as possible other parameters to automatically
choose the desired mode for the hearing aid user. The
controller 15 can thus automatically change between the
omni signal 12 and the directional signal 11. When chang-
ing mode, αomni will gradually fade from 0 to 1, or vice
versa.
[0010] The directional signal is preferably generated
using an adaptive algorithm, but also stationary direc-
tional algorithms could be used.
[0011] The frequency shaping block 3 contains a filter-
bank and compressors for frequency shaping and dy-
namic compression, which is used to modify the signal
to fit to the impaired hearing of the user. This block could
also contain other types of signal processing to enhance
the signal, e.g. noise reduction.
[0012] The anti feedback (AFB) block 4 generates an
internal feedback path. The purpose of this path is that
it should have the same characteristics as the external
feedback path via the receiver 20, acoustic paths 5, mi-
crophones 21, and directional block 2. If equal, the feed-
back caused by the external feedback paths 5 will be
removed when x(n), the signal of the internal feedback,
path is subtracted in the adder 16 after the directional
block 2 in Figure 1.
[0013] The AFB uses an adaptive algorithm to track
the changes of the external feedback path. A parameter-
ized model of the feedback is used where the parameters
are the coefficients of the FIR-filter. The adaptive algo-
rithm is based on a prediction error method, that adjusts
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the coefficients so that the energy in the residual signal
after cancellation, e(n), is minimized.
[0014] The coefficients are updated with a step given
by and adaptive algorithm with a predefined step size m0.
Possibly a normalized least mean square (NLMS) algo-
rithm as described in the following is used. This gives a
step in the direction of steepest descent for the energy
of e(n). The update is given by 

where θ(n) is a vector with the coefficients, ψ(n) is a vector
of same length as θ(n) with the last samples of u(n), and
m0 is a scalar that defines the step size. m0 will control
how fast the adaptive filter can adapt to changes in the
external feedback path.
[0015] One shortcoming of the adaptive filter is that it
may adapt to tonal components of the input signal. The
tonal component may then be attenuated. To reduce the
sensitivity to tonal components a small m0 (i.e. slow ad-
aptation) can be used. However, the adaptation speed
acquired with this m0 will usually be too slow if the hearing
aid becomes unstable and starts to howl.
[0016] Two alternative values of m0 are used, one low
value for slow adaptation to get good resistance to tonal
components and a higher value to get fast adaptation
when required. However, the m0 is programmable, and
a range of different values could be used if it is desired.
The fast adaptation is used when the tone detector has
detected howl. A hysteresis is used to allow for fast ad-
aptation in a predefined period after the howl has van-
ished.
[0017] The external feedback paths 5 that the AFB tries
to track is dependent on the DIR-block 2. The feedback
path can change substantially when switching between
omni mode and directional mode. The AFB will then be
misadjusted if the adaptation speed is too slow compared
to the transition time of αomni. As a result the hearing aid
may start to howl at the automatic transitions between
the omni signal and directional signal.
[0018] According to the invention the AFB system is
forced to use fast mode when the directionality changes
from omni mode to directional mode and thus prevents
the hearing aid from howling due to too slow adaptation.
The gain αomni is used to monitor when changes occur.
Values in the middle of the range from 0 to 1 will cause
adaptation with the fast mode. The trigger 17 of Figure
1 gives an output (dir_shift) 18 of 1 when the input, αomni,
is in the specified range. Other values of αomni will give
an output of 0. The signal dir_shift 18 is in the AFB-block
combined with the output of the tone detector in an OR-
gate, so either of them can cause fast mode. The hys-
teresis insures that fast mode is used during the last part
of the transition when αomni has left the specified range.
[0019] Other changes of the processing such as man-
ual or automatic program shifts may also be used to con-

trol the adaptation speed of the antifeedback algorithm.
Here it should be mentioned that any change involving
changes in the gain setting could be used to set the ad-
aptation speed of the anti feedback algorithm. This could
be changes in soft squelch, compression or noise damp-
ing. Also in systems with adaptive directionality as de-
scribed above the change in directionality, which might
take place in one or more bands could also be used as
input to the changes of the adaptation speed of the anti-
feedback algorithm.

Claims

1. Hearing aid (1) with an anti feedback system (4) for
estimating an external feedback path (5), the anti
feedback system being adapted to operate in one of
at least two adaptation modes, a fast adaptation
mode and a slow adaptation mode, and comprising:

• a signal path from two or more microphones
(21) to an output transducer (20),
• a signal processing unit (3),

characterized in that it further comprises:

• a directional processing block (2) receiving in-
put signals from said two or more microphones
(21) and generating a DIR-signal (11) with di-
rectional sensitivity and an OMNI-directional
signal (12) and providing an output signal (y) for
processing in the signal path in the form of either
one of the two DIR and OMNI signals or a com-
bination of the two DIR and OMNI signals in de-
pendence of gain factors applied to the two sig-
nals before adding them, wherein the gain factor
(αomni) applied to the OMNI-directional signal
has values in the range [0, 1] and wherein the
gain factor applied to the DIR-signal is (1-αomni),
• acoustic environment detection means using
parameters of the input signal to automatically
indicate a change between the OMNI-directional
signal and the DIR-signal,
• trigger means (17) adapted to generate an alert
signal (dir_shift) to the anti feedback system (4)
said alert signal indicating said adaptation mode
to the anti feedback system (4) based on the
value of said gain factor (αomni), and
• controller means (15) adapted to generate a
value for said gain factor (αomni) based on either
manual input or output from the acoustic envi-
ronment detection means and being used as an
input to the trigger means (17) and being indic-
ative of when the directional processing chang-
es between providing the OMNI-directional sig-
nal and the DIR-signal.

2. Hearing aid as claimed in claim 1 wherein the alert
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signal is used by the anti feedback system to change
its mode, such that a faster adaptation will take place.

3. Hearing aid as claimed in claim 1 wherein αomni will
gradually fade from 0 to 1, or vice versa when the
directional processing block is changing mode.

4. Hearing aid as claimed in claim 1 wherein values of
αomni in the middle of the range from 0 to 1 will cause
adaptation of the anti feedback system with the fast
adaptation mode.

5. Hearing aid as claimed in claim 1 wherein the anti
feedback system uses an adaptive algorithm to track
the changes of the external feedback path.

6. Hearing aid as claimed in claim 5 wherein the anti
feedback system comprises a FIR filter and a pa-
rameterized model of the feedback is used, where
the parameters are the coefficients of the FIR-filter.

7. Hearing aid as claimed in claim 6 wherein the adap-
tive algorithm is based on a prediction error method
that adjusts the coefficients so that the energy in the
residual signal after cancellation is minimized, and
wherein the coefficients are updated with a step giv-
en by and adaptive algorithm with a predefined step
size m0, wherein m0 controls how fast the adaptive
filter can adapt to changes in the external feedback
path.

8. Hearing aid as claimed in claim 7 wherein the step
size is programmable.

9. Hearing aid as claimed in claim 7 wherein two alter-
native values of m0 are used, a small value for slow
adaptation and a higher value for faster adaptation
of the adaptive filter.

10. Hearing aid as claimed in claim 1 wherein the anti
feedback system comprises a tone detector for de-
tecting howl, and wherein the faster adaptation of
the adaptive filter is used when the tone detector has
detected howl.

11. Hearing aid as claimed in claim 10 wherein a hys-
teresis is used to allow for fast adaptation in a pre-
defined period after the howl has vanished or after
a transition in αonmi.

12. Hearing aid as claimed in claim 1 wherein the direc-
tional processing block form part of the external feed-
back path estimated by the anti feedback system.

Patentansprüche

1. Hörgerät (1) mit einem Antirückkopplungssystem (4)

zum Abschätzen eines externen Rückkopplungspfa-
des (5), wobei das Antirückkopplungssystem zum
Betrieb in einem von mindestens zwei Anpassungs-
modi ausgebildet ist, einem schnellen Anpassungs-
modus und einem langsamen Anpassungsmodus,
wobei das Hörgerät aufweist

- einen Signalpfad von einem oder zwei Mikro-
fonen (21) zu einem Ausgangswandler (20),
- eine Signalverarbeitungseinheit (3),

dadurch gekennzeichnet, dass es weiter aufweist:

- einen Richtungsverarbeitungsblock (2), der
Eingangssignale von den zwei oder mehr Mikro-
fonen (21) empfängt und ein DIR-Signal (11) mit
einer Richtungssensitivität und ein OMNI-direk-
tionales Signal (12) erzeugt und ein Ausgangs-
signal (y) in Form von entweder einem von den
zwei DIR- und OMNI-Signalen oder einer auf die
zwei Signale vor deren Zusammenführung an-
gewendeten von Verstärkungsfaktoren abhän-
gigen Kombination der zwei DIR-und OMNI-Si-
gnale abhängig von Verstärkungsfaktoren zum
Verarbeiten in dem Signalpfad bereitstellt, wo-
bei der Verstärkungsfaktor (αomni), der auf das
OMNI-direktionale Signal angewendet wird,
Werte in dem Bereich [0,1] hat und wobei der
auf das DIR-Signal angewendete Verstärkungs-
faktor (1-αomni) ist,
- akustische Umgebungserkennungsmittel, die
Parameter des Eingangssignals nutzen, um au-
tomatisch einen Wechsel zwischen dem OMNI-
direktionalen Signal und dem DIR-Signal anzu-
zeigen,
- Triggermittel (17), die ausgebildet sind, ein
Warnsignal (dir_shift) an das Antirückkopp-
lungssystem (4) zu erzeugen, wobei das Warn-
signal dem Antirückkopplungssystem (4) den
Anpassungsmodus basierend auf dem Wert des
Verstärkungsfaktors (αomni) anzeigt, und
- Steuermittel (15), die ausgebildet sind, einen
Wert für den Verstärkungsfaktor (αomni) basie-
rend entweder auf einer manuellen Eingabe
oder auf einer Ausgabe der akustischen Umge-
bungserkennungsmittel zu erzeugen, der als
Eingabe für das Triggermittel (17) genutzt wird
und der anzeigt, wann die Richtungsverarbei-
tung zwischen dem Bereitstellen des OMNI-di-
rektionalen Signals und des DIR-Signals wech-
selt.

2. Hörgerät wie in Anspruch 1 beansprucht, wobei das
Warnsignal von dem Antirückkopplungssystem zum
Wechseln seines Modus genutzt wird, so dass eine
schnellere Anpassung stattfindet.

3. Hörgerät wie in Anspruch 1 beansprucht, wobei
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αomni sukzessive von 0 bis 1 oder umgekehrt
übergehen wird, wenn der
Richtungsverarbeitungsblock den Modus wechselt.

4. Hörgerät wie in Anspruch 1 beansprucht, wobei Wer-
te für αomni in der Mitte des Bereiches von 0 bis 1
eine Anpassung des Antirückkopplungssystems mit
dem schnellen Anpassungsmodus verursachen.

5. Hörgerät wie in Anspruch 1 beansprucht, wobei das
Antirückkopplungssystem einen adaptiven Algorith-
mus nutzt, um die Veränderung des externen Rück-
kopplungspfades zu verfolgen.

6. Hörgerät wie in Anspruch 5 beansprucht, wobei das
Antirückkopplungssystem einen FIR-Filter aufweist
und ein parametrisiertes Modell der Rückkopplung
genutzt wird, wobei die Parameter die Koeffizienten
des FIR-Filters sind.

7. Hörgerät wie in Anspruch 6 beansprucht, wobei der
adaptive Algorithmus auf einem Vorhersagefehler-
verfahren basiert, das die Koeffizienten derart an-
passt, dass die Energie in dem Restsignal nach der
Entfernung minimiert ist, und wobei die Koeffizienten
in Schritten aktualisiert werden, die geben sind durch
eine vorbestimmte Schrittweite m0 des adaptiven Al-
gorithmus, wobei m0 steuert, wie schnell der adaptive
Filter sich an Veränderungen in dem externen Rück-
kopplungspfad anpassen kann.

8. Hörgerät wie in Anspruch 7 beansprucht, wobei die
Schrittweite programmierbar ist.

9. Hörgerät wie in Anspruch 7 beansprucht, wobei zwei
alternative Werte von m0 verwendet werden, ein klei-
ner Wert für eine langsame Adaption und ein hoher
Wert für eine schnelle Adaption des adaptiven Fil-
ters.

10. Hörgerät wie in Anspruch 1 beansprucht, wobei das
Antirückkopplungssystem einen Tondetektor zum
Detektieren von Heulen aufweist und wobei die
schnellere Adaption des adaptiven Filters ange-
wandt wird, wenn der Tondetektor Heulen detektiert
hat.

11. Hörgerät wie mit Anspruch 10 beansprucht, wobei
eine Hysterese zum Ermöglichen einer schnellen
Adaption in einer vorbestimmten Zeitdauer nach
dem das Heulen verschwunden ist oder nach einem
Übergang von αomni verwendet wird.

12. Hörgerät wie mit Anspruch 1 beansprucht, wobei der
Richtungsverarbeitungsblock einen Teil des exter-
nen Rückkopplungspfads bildet, der von dem An-
tirückkopplungssystem geschätzt wird.

Revendications

1. Aide auditive (1) avec un système anti rétroaction
(4) pour estimer un chemin de rétroaction externe
(5), le système anti rétroaction étant conçu pour
fonctionner en l’un d’au moins deux modes d’adap-
tation, un mode d’adaptation rapide et un mode
d’adaptation lente, et comprenant :

• un chemin de signal allant de deux micropho-
nes ou plus (21) à un transducteur de sortie (20),
• une unité de traitement de signal (3),

caractérisée en ce qu’elle comprend en outre :

• un bloc de traitement directionnel (2) recevant
des signaux d’entrée venant desdits deux mi-
crophones ou plus (21) et générant un signal
DIR (11) avec une sensibilité directionnelle et
un signal directionnel OMNI (12) et émettant un
signal de sortie (y) pour traitement dans le che-
min de signal sous la forme de l’un ou l’autre
des deux signaux DIR et OMNI ou d’une com-
binaison des deux signaux DIR et OMNI en fonc-
tion de facteurs de gain appliqués aux deux si-
gnaux avant de les ajouter, où le facteur de gain
(αomni) appliqué au signal directionnel OMNI
présente des valeurs dans l’intervalle [0, 1] et
où le facteur de gain appliqué au signal DIR est
(1-αomni),
• des moyens de détection de l’environnement
acoustique utilisant des paramètres du signal
d’entrée pour indiquer automatiquement un
changement entre le signal directionnel OMNI
et le signal DIR,
• des moyens de déclenchement (17) conçus
pour générer un signal d’alerte (dir shift) au sys-
tème anti rétroaction (4), ledit signal d’alerte in-
diquant ledit mode d’adaptation au système anti
rétroaction (4) sur la base de la valeur dudit fac-
teur de gain (αomni), et
• des moyens de commande (15) conçus pour
générer une valeur pour ledit facteur de gain
(αomni) basée sur une entrée manuelle ou sur
une sortie manuelle des moyens de détection
de l’environnement acoustique et étant utilisée
en tant qu’entrée pour les moyens de déclen-
chement (17) et étant indicative du moment où
le traitement directionnel change entre l’émis-
sion du signal directionnel OMNI et du signal
DIR.

2. Aide auditive selon la revendication 1 où le signal
d’alerte est utilisé par le système anti rétroaction
pour changer son mode, de manière ce qu’une adap-
tation plus rapide ait lieu.

3. Aide auditive selon la revendication 1 où αomni va
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progressivement passer de 0 à 1, ou vice versa
quand le bloc de traitement directionnel est en train
de changer de mode.

4. Aide auditive selon la revendication 1 où des valeurs
de αomni au milieu de l’intervalle de 0 à 1 vont pro-
voquer une adaptation du système anti rétroaction
avec le mode d’adaptation rapide.

5. Aide auditive selon la revendication 1 où le système
anti rétroaction met en oeuvre un algorithme adap-
tatif pour suivre les changements du chemin de ré-
troaction externe.

6. Aide auditive selon la revendication 5 où le système
anti rétroaction comprend un filtre FIR et un modèle
paramétré de la rétroaction est utilisé, où les para-
mètres sont les coefficients du filtre FIR.

7. Aide auditive selon la revendication 6 où l’algorithme
adaptatif est basé sur une méthode d’erreur de pré-
diction qui ajuste les coefficients de façon à ce que
l’énergie dans le signal résiduel après annulation est
minimisée, et où les coefficients sont mis à jour avec
un pas donné par un algorithme adaptatif avec une
taille de pas prédéfinie m0, où m0 contrôle la vitesse
à laquelle le filtre adaptatif peut s’adapter aux chan-
gements dans le chemin de rétroaction externe.

8. Aide auditive selon la revendication 7 où la taille du
pas est programmable.

9. Aide auditive selon la revendication 7 où deux va-
leurs alternatives de m0 sont utilisées, une petite va-
leur pour une adaptation lente et une valeur plus
élevée pour une adaptation plus rapide du filtre
adaptatif.

10. Aide auditive selon la revendication 1 où le système
anti rétroaction comprend un détecteur de tonalité
pour détecter un hurlement, et où l’adaptation plus
rapide du filtre adaptatif est mise en oeuvre quand
le détecteur de tonalité a détecté un hurlement.

11. Aide auditive selon la revendication 10 où une hys-
térésis est utilisée pour permettre une adaptation ra-
pide dans une période prédéfinie après que le hur-
lement a disparu ou après une transition dans αomni.

12. Aide auditive selon la revendication 1 où le bloc de
traitement directionnel forme une partie du chemin
de rétroaction externe estimé par le système anti
rétroaction.
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